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Resumen 
 
 
 
           El diseño de los amplificadores de potencia es de gran interés, ya que 
determina muchos de los requisitos de un sistema de comunicaciones. Aunque 
hay una larga historia de diseño y de caracterización de amplificadores en el 
campo de la ingeniería de microondas, nos enfrentamos hoy en día a una nueva 
era de la información con alta demanda de sistemas de comunicación inalámbrica. 
El nuevo diseño debe corresponder a varias requisitos tales como: lograr fiables 
transmisiones de alta velocidad incluso en escenarios de alta movilidad y asignar 
muchos sistemas de comunicación inalámbrica en una banda de frecuencia 
limitada.  
Las comunicaciones por portadoras multiples basadas en la multiplexación por 
división de frecuencia ortogonal (OFDM) han crecido en popularidad debido a su 
capacidad para cumplir con la mayoría de los requisitos de dichos sistemas. Sin 
embargo, entre otros desafíos, la reducción de la sensibilidad a la amplificación no 
lineal se ha convertido en una clave de diseño. Cuando un dispositivo no lineal 
está presente en el transmisor, tanto la propagación espectral y el aumento de la 
probabilidad de error aparecen. Hay muchas estrategias para reducir la 
degradación del rendimiento, tales como la linealización, post-procesamiento y la 
reducción de las fluctuaciones de la envolvente de la señal transmitida. 
 
 
El objetivo de este trabajo es describir algunas herramientas y parámetros para 
caracterizar las medidas de la no linealidad del amplificador. 
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University Presentation 
 
 
This brief presentation of The Universitat Politècnica de Catalunya is taken from the 
university website: 
 
 
The Universitat Politècnica de Catalunya is a public university that specializes in 
the fields of architecture, engineering, merchant seamanship, economics, health sciences 
and applied mathematics. Although antecedents of the University existed that, in some 
cases, went back to the mid 19th century, UPC itself was founded in March of 1971 and 
was originally known as the Universitat Politècnica de Barcelona. Given its wide regional 
presence with campuses and degree programs throughout the region, the Universitat 
Politècnica de Barcelona changed its name in 1984 to Universitat Politècnica de 
Catalunya (UPC).  
Under applicable law, the university is self-governing and determines its own control 
and assessment procedures, teaching systems and the appropriate balance between 
teaching and research. In addition, UPC has legal responsibility for the management and 
administration of its facilities and services. 
  
 
UPC continued to grow in the 1980's and 1990's. In 1990, the School of Nautical Studies 
was incorporated and its name was changed to the Faculty of Nautical Studies of 
Barcelona. The following years saw the establishment of the Technical College of the 
Baix Llobregat (1992); the Faculty of Mathematics and Statistics; four reserach 
centers: two Technology Centers, located on the campuses of Vilanova i la 
Geltrú and Manresa, the Mediterrenean Technology Park, located on Baix Llobregat 
Campus and the Barcelona Technology Park, located on Barcelona South 
Campus (2000-2001). In 2005 the Barcelona Supercomputing Center - Centro 
Nacional de Supercomputación (BSC-CNS) became one of the most significant 
additions to UPC's research infrastructure. The research center, jointly managed by the 
Spanish Ministry of Science and Technology, the Department of Higher Education, 
Research and Information Society of the Catalonian government and UPC, provides 
infrastructure for multidisciplinary research serving public and private institutions in all 
of Spain.  
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In recent years UPC has successfully implemented new organizational and 
administration systems, such us the Association of Friends of UPC, Edicions UPC, 
UPCNET and the UPC Foundation, which, in turn, created  the School of Photography 
in 1994 and the School of Multimedia in 1997.  
  
UPC continues its commitment to economic development and strengthening its 
continuing education programs through the UPC Foundation. UPC's Technology Transfer 
Center is a substantial R&D contributor to Catalonia's industrial sector. UPC is currently 
working in over 250 research areas, and we have a growing number of specific research 
centers and regional technology centers focusing on current research needs.  
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Introduction 
 
The design of the power amplifier is of a major interest since it determines many 
of the requirements of a communications system. Although there is a long history of 
amplifier design and characterization in the field of microwave engineering, we are 
facing nowadays a new information age with high demand of wireless communication 
systems. The new design must correspond to several queries such as: achieving reliable 
high-speed transmissions even in high mobility scenarios and allocate many wireless 
communication systems in a limited frequency band. 
Multicarrier communications based on orthogonal frequency division multiplexing 
(OFDM) have grown in popularity due to its ability to fulfill most of the requirements of 
such systems. However, among other challenges, reducing the sensitivity to nonlinear 
amplification has become a design key. When a nonlinear device is present at the 
transmitter, both a spectral spreading and an increase of the error probability occur. 
There are many strategies to reduce this performance degradation such as linearization, 
post-processing and reducing the envelope fluctuations of the transmitted signal. 
 
The goal of this paper is to describe some tools and parameters to characterize 
amplifier nonlinearity measurements. 
 
 
 
Figure.0:  Simplified Communications systems  
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Chapter 1 
 
Acquisition of the waveforms 
 
1.1 Controlling the ZTEC board from MATLAB 
 
 Model specifications 
 
Manufacturer (s) ZTEC Instruments 
Instrument Model ZT410PCI 
Description Digital Storage Oscilloscope 
Application Area (s) Test and Measurement 
Analog Input Channels Quantity 2 
Bandwidth 
DC to 250 MHz typical, 200 MHz minimum (50 Ω) 
DC to 125 MHz typical, 100 MHz minimum (1 MΩ) 
 
 Description of the work       
    The main purpose of this first work is to manage the ZTEC board from MATLAB: 
sending queries and receiving data. The first idea was to load the libraries provided by 
ZTEC (the .dll files) from MATLAB so as to establish the connection and therefore to get 
the access to the oscilloscope’s data.  Older version of MATLAB prevents such loading of 
.dll files, therefore it is recommended to use the version MATLAB R2008a or above.    
But, while it is possible to control ZTEC instruments through MATLAB, it is difficult to 
integrate the commands into an M-file and it will take a lot of time to set this command 
up. 
My internship period lasts only seven weeks and hence we decided to manage the 
Agilent’s oscilloscopes instead of the ZTEC Board which would be faster and easier. 
 
Figure.1:  Controlling the ZTEC board from Matlab  
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1.2 Controlling the oscilloscope from MATLAB 
 
 Model specifications 
 
Manufacturer (s) Agilent Technologies 
Instrument Model MSO6104A 
Description 1 GHz Mixed Signal Oscilloscope 
Instrument Type (s) Oscilloscope 
Application Area (s) Test and Measurement 
Channels Quantity 4 
 
 Description of the work 
          The work consists of managing the Agilent oscilloscope by means of the GPIB 
interface (or USB in order to have a higher transmission speed). 
 
For programming the connection between the computer and the oscilloscope, we use 
the commands and queries available in the programmer’s guide of the oscilloscope that 
can be found in this internet page: 
http://www.home.agilent.com/upload/cmc_upload/All/6000_series_prog_guide.pdf 
 
An example of the managing program is available in the Appendix B. 
 
However, a major problem occurred: we could not capture the entire wave available in 
the buffer.   
The ‘MAXimum or RAW MODE’ will allow up to 8,000,000 points to be returned.  But the 
number of points returned will vary as the instrument's configuration is changed. 
Indeed, the number of points gathered in Single mode is related to the sweep speed, 
memory depth, and maximum sample rate. 
That means that the bigger the time base is, the more points we can get then the more 
significant and correct the measurements are. For a time base equal to 5e+06, we could 
have 100.000 points returned, which is good enough to get a significant results, 
therefore we decide to keep this time base for most tests that follow.  
 
 
Figure.2:  Controlling the oscilloscope  from Matlab 
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Chapter 2 
 
Uploading waveforms from MATLAB 
 
2.1 Generation of digital communications modulations 
 
2.1.1 Two-Tone 
          A two-tone audio signal is formed by algebraically adding two sine wave voltages of 
equal amplitude which are not harmonically related. This two-tone audio signal is fed 
into a balanced modulator together with an RF carrier, e.g., 700 MHz, one sideband 
filtered out, and the resultant further mixed to the desired frequency and then amplified. 
When viewed in the frequency domain, the spectrum of a two-tone test signal is shown 
in figure.3.  If the Two-Tone signal is viewed in the time domain, the envelope variation 
can clearly be seen in the figure.4. 
                                                                     
                      
 
 
 
 
 
 
 
Figure.3:  Two tone test in the frequency domain 
 
Figure.4:  Two tone test in the time domain 
F1 F2 
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2.1.2 Quadrature Amplitude Modulation (QAM) 
          Quadrature amplitude modulation (QAM) is both an analog and a digital 
modulation scheme. It conveys two analog message signals, or two digital bit streams, by 
changing (modulating) the amplitudes of two carrier waves, using the amplitude-shift 
keying (ASK) digital modulation scheme or amplitude modulation (AM) analog 
modulation scheme. These two waves, usually sinusoids, are out of phase with each 
other by 90° and are thus called quadrature carriers or quadrature components — 
hence the name of the scheme. The modulated waves are summed, and the resulting 
waveform is a combination of both phase-shift keying (PSK) and amplitude-shift keying, 
or in the analog case of phase modulation (PM) and amplitude modulation. 
 
 
 
Figure.5: QAM Transmitter diagram 
 
 
Figure.6: 16-QAM Constellation 
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2.1.3 Orthogonal frequency-division multiplexing (OFDM) 
 
Frequency division multiplexing (FDM) is a technology that transmits multiple 
signals simultaneously over a single transmission path, such as a cable or wireless 
system. Each signal travels within its own unique frequency range (carrier), which is 
modulated by the data (text, voice, video, etc.).  
Orthogonal FDM's (OFDM) spread spectrum technique distributes the data over a large 
number of carriers that are spaced apart at precise frequencies. This spacing provides 
the "orthogonality" in this technique which prevents the demodulators from seeing 
frequencies other than their own. The benefits of OFDM are high spectral efficiency, 
resiliency to RF interference, and lower multi-path distortion. This is useful because in a 
typical terrestrial broadcasting scenario there are multipath-channels (i.e. the 
transmitted signal arrives at the receiver using various paths of different length). Since 
multiple versions of the signal interfere with each other (inter symbol interference (ISI)) 
it becomes very hard to extract the original information.  
 
 
Figure.7: OFDM generation and trasmission through the amplifier 
 
 
     
Figure.8: OFDM demodulation at reception 
 
 2.2 Download signals into the Agilent Vector Signal Generator
 
 Model specifications
 
Manufacturer (s)
Instrument Model
Instrument Type (s)
Application Area (s)
 
 
 Description of the work
The work consists of managing the Agilent oscilloscope by means of the GPIB interface
q.v. figure.7. 
For programming the connection 
commands and queries available in the programmer’s guide of the generator that can be 
found in these internet pages:
http://cp.literature.agilent.com/litweb/pdf/N5180
http://cp.literature.agilent.com/litweb/pdf/E4400
 
An example of the managing program is available in the 
 
 
 
Figure.9: Download signals into the Agilent Vector Signal Generator
 
 
 
 
 
 
 
 
 
 
PC running 
Matlab
R2007a
 
 
 Agilent Technologies
 N5182A MXG  
 RF Vector Signal Generator
 Test and Measurement
 
between the computer and the generator, we use the 
  
-90005.pdf and 
-90627.pdf . 
Appendix A.  
Vector Signal Generator
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Chapter 3 
 
The Non-Linearity in Amplifiers 
 
3.1 The Amplifier non linearity 
 
A system is considered to be nonlinear if the output is a nonlinear function of the input.  
In this paper, we are trying to study the power amplifier non linearity by several 
measurements such as: IMD3, AM/AM, AM/PM and EVM. 
 
3.2 The features of the amplifier 
 
Manufacturer (s) Mini-Circuits 
Instrument Model ZHL-2  
Instrument Type (s) Coaxial Medium High Power Amplifier 
Wideband 10 to 1000 MHz 
Medium High Power 29 dBm min 
Gain 16 dB min ±1.0 ,  18dB max ±1.0 
DC Power  Volt: 24V 
 Current:  0.6A max 
Maximum input power 15 dBm 
Applications  VHF/UHF 
 Cellular 
 Instrumentation 
 Laboratory 
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Figure.10: The gain of the ZHL-2 Amplifier 
 
Figure.11: Thepoint of 1dB compression of the ZHL-2 Amplifier 
 
 
Figure.12: Coaxial Medium High Power Amplifier 
P a g e  | 19 
 
 
 
 
Chapter   4 
 
Measurement of the Amplifier  
Non-Linearity 
 
 
4.1 Calculation of Intermodulation Distortion Ratio 
          
The measured distortion of a linear amplifier, normally called Intermodulation 
Distortion (IMD), is expressed as the power in decibels below the amplifier’s peak power 
or below that of one of the tones employed to produce the complex test signal. A signal 
of three or more tones is used in certain video IMD tests, but two tones are common for 
HF SSB.  
 
4.1.1 Two-Tone Test 
 
          The two-tone test is almost universally accepted method of assessing linearity and 
can illustrate both amplitude and phase distortions present in an amplifier. 
The effect of the two-tone test is to vary the envelope of the input signal throughout its 
complete range in order to test the amplifier over its whole transfer characteristic. It is 
thus arguably the most severe test of an amplifier’s linearity performance. 
 
4.1.2 Two-tone Test applied to an amplifier with a Third-Order Non-linearity. 
          In general case of distortion created by any order of nonlinearity when supplied 
with a two-tone input signal, new frequencies will be generated as in the case of the 
third-order non-linearity: the additional output frequencies will be: 
      fim1 = 3f1                                                 (3.1) 
      fim2 = 3f2 
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fim3 = 2f1 + f2 
fim4 = f1 + 2f2 
fim5 = 2f1 – f2 
fim6 = f1  – 2f2 
 
 
The original tones will, of course, also appear amplified at the output. 
 
 
 
 
 
 
 
 
Figure.13: Two-tone Test applied to an amplifier with a Third-Order Non-linearity 
 
4.1.3 Two-Tone Intermodulation 
  
          The following explanations are taken from the ‘High Linearity RF Amplifier Design’ 
by Kenington, Peter B. (Artech House microwave library) 
For an amplifier with a transfer characteristic given by: 
 
Vout(t) = K1 vin(t) + K2 [vin(t)]² + K3[vin(t)]3   (3.2) 
 
Given an input signal of the form: 
 
Vin(t) = A1cos (w1t) + A2 cos(w2t)                                (3.3) 
 
will yield an output signal containing both harmonic and intermodulation distortion 
(IMD) terms. 
The intermodulation distortion ratio is defined as the ratio of the amplitude of the 
highest intermodulation product to the amplitude of one of the tones in the two-tone 
test. In the ideal case assumed above, with equal tone levels for the two-tone test (i.e., 
A1=A2) and a simple polynomial model for the amplifier characteristic, the highest 
intermodulation products will generally be the third-order products and both will be 
equal in level.  
 
In this case, the intermodulation distortion power will vary as the cube of the input 
signal power, giving: 
 
                                                           PIMD = (KIMDP1)3                                                                     (3.4) 
Frequency 
Amplitude 
F1 F2 
f2 
Amplitude 
Frequency 
2f1-f2 f1 2f2-f1 
2f1+f2 2f2+f1 
3f1 3f2 
+ 
- 
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Where PIMD is the power in a single third-order IMD product, KIMD is a constant and 
P1=A1²/2 is the power in one of the input signal components. Thus for each change in 
input power of 1dB, the IMD output power will change by 3dB. 
The intermodulation distortion ratio at the output of the amplifier is given by: 
 
 
           = 	
,                                (3.5) 
 
 
Where , is the output power in one of the wanted two output tones and the two 
input tone amplitudes are the same. 
Combining the above equations, and recalling that the power level of a wanted tone at 
the output of the amplifier is linearly proportional to its input power, gives: 
 
 
                                                             PIMR = KC²P1²       (3.6) 
 
 
Where KC is a constant. 
The input third-order intercept point, P3rd is the input power at which the IMD power is 
equal to the output power contributed by the linear term (K1A1)²/2. It is therefore 
possible to relate this quantity to the IMD ratio is unity (by definition), and hence:  
 
 
                                 1 = KC²P1²                                              (3.7) 
 
 
At this point, the input power from a single tone is then the input third-order intercept 
point, P3rd, that is, P1 = P3rd and (3.7) then become: 
          
 
                                                                   KC = 1/P3rd                                              (3.8) 
 
 
Therefore (3.6) becomes:  
 
                                    =                                    (3.9) 
 
If the various values are expressed in dB, this expression may be simplified firther to 
become: 
 
                        , =  ,! − #$,!%             (3.10) 
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4.1.4 Tests and Measurement 
 
The laboratory bench 
           
 
Figure.14: The laboratory bench for IMD3 measurement 
 
The computer is communicating with the wave generator and the oscilloscope via a 
GPIB.  Matlab loads the two tone wave into the generator. The output wave is captured 
in the output of the amplifier.   
 
 
Figure.15:The laboratory bench of the IMD measurement at the UPC 
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The measurement results 
The program that calculates the Intermodulation Distorion (IMD),  gets the input wave 
and calculates its FFT, q.v. figure.14. 
 
 
 
Figure.16:Measurement of the IDM3 given by Matlab 
 
Then it calculates the ratio of the amplitude of the highest intermodulation product P1 
to the amplitude of the third-order product, A3rd.  But as the power has been calculated 
rather than the amplitude, the program calculates the substraction beteween the two 
power amplitude:  
 
                                                     & = ''((*+,-..*+,*/0 232)                                (3.11) 
                                                                  = 5 ∗ 789 5|&|                                             (3.12) 
P1 is the highest intermodulation product and P3rd is the third-order product. Then the 
IDM is calculated this way:  
                         
                                , =  ,! − #$,!%                     (3.13) 
 
The final result is:                 ;<=>,?@ =  A − BC. C = E, AE dB 
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Comparison between the experimental data 
 
To verify the accuracy of the program’s result, a spectrum analyzer will be connected at 
the output of the amplifier. It gives the following result: 
 ;<=>,?@ = #5, EC ?@ 
 
 
Figure.18:Measurement of the IDM3 given by the spectrum analyzer 
 
And the Matlab program gives the following result:  
 
The two results are quite similar. The difference between them is due to the error made 
by the quantification in the oscilloscope that can be up to 6dB loss. 
 
4.2 The amplitude-to- amplitude modulation (AM/AM)  
 
AM-AM distortion in a polar modulated power amplifier is a nonlinear 
relationship between the envelope signal A(t)  at the input of the amplitude modulator, 
and the envelope of an RF signal at the output of the RF power amplifier.  
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The most convenient method of determining these characteristics from a 
practical power amplifier is by means of a vector networks analyser, although the 
AM/AM characteristic alone may be measured by a scalar network analyser.  
Most modern network analyzers contain a ‘power sweep’ function which permits the 
source power to be linearly varied by the instrument over range of 20dB or more, at a 
single operating frequency. The amplitude and the phase characteristics which result 
from this measurement are then the approximate AM/AM and AM/PM characteristics of 
the amplifier under test. 
 
Care must be exercised when making this measurement to ensure that the 
instrument is not damaged by the application of an excessive RF input level. 
 
The laboratory bench 
 
 
Figure.19: The laboratory bench for AM/AM measurement 
 
The maximum input power of the amplifier used is 15dBm. To reach the point of 1dB 
compression without forcing the generator, we use a second amplifier. 
The computer is communicating with the wave generator and the oscilloscope via a 
GPIB.  Matlab loads the wave into the generator.  
The Input wave is captured in the output of the first amplifier.   The output wave is 
captured at the output of the second amplifier. 
 
Caution must be taken not to exceed the maximum input power: 15dB. 
 
P a g e  | 26 
 
 
 
Figure.20: The laboratory bench for AM/AM measurement at the UPC 
 
 
4.2.1 Evaluating the compression region with power sweeps: 
For our measurements, we do not use the sweep available in the wave generator; 
the sweep is done automatically by Matlab to get also the capture of the screen’s 
oscilloscope. A sinusoidal wave is generated for this measurement. 
The power sweep varies between -1.5dB and -10dB (between 14,5dB and 6dB for the 
second amplifier) with a variable step which is smaller around the compression region. 
This choice of the power sweep depends on the gain of the first amplifier and the 
attenuation caused by splitters.  
 
 
The measurement results 
 
The RMS of the two waves is calculated: 
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FG = H ∑ J2K0.0LM3N(J2K0)                 FG5 = FGC5O  
 
The amplitude characteristic that results from this measurement is then the 
approximate AM/AM. The IP3dB is the point of 1dB compression, i.e. the point where 
the difference between the linear response that would exist in an ideal case and the non 
linear response due to the amplifier distortion is equal to 1dB. 
The point found by the Matlab program is: 
 <;# = E, PC ?@ 
 
 
Figure.21: The power sweep characterize the compression region 
 
Comparison between the theoretical prediction and the experimental data 
 
According to the data sheet, the 1dB compression point at 24V and 700MHz is: <;# = B, C ?@ 
The point found by the Matlab program is: <;# = E, PC ?@ 
 
We can conclude that the results are quit similar, that means that the program is 
working properly. 
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4.2.2 Evaluating the compression region with the M-QAM 
 
For our measurements, an M-QAM modulation (M=4 or 16) will be uploaded into 
the generator.  
 
 
Figure.22: Constellation of 4-QAM and 16-QAM 
 
Having caught the input and output waves from the oscilloscope, we do the 
corresponding demodulation, filtering, re-sampling and synchronization. 
The following diagram explains the steps performed: 
 
 
Figure.23: Diagram of the AM/AM with the M-QAM test 
 
But even after these steps, the sample was not synchronized. That means that the wave 
was not correctly demodulated: the carrier frequency is incorrect. Indeed, there is a 
frequency shift caused by the vector signal generator.  
To rectify this, a test will be performed before the demodulation to find the frequency 
shift; this test will be explained with more details later (q.v. page.44). 
 
With the frequency shift correction, we obtain this new diagram: 
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Figure.24: Diagram of  the AM/AM with the M-QAM test with the frequency shift test 
 
 
• Frequency shift 
 
This test is explained with details in the last part of the report. Please refer to the 
page.44. 
The program gives the following result: 
 
 ******************************* 
        frequency shift = 4192.88 Hz  
        ******************************* 
 
 
           Figure.25: Frequency shift test 
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• Demodulation: 
 
Q RSTU =  < + W ∗ X YSZZ[UZ =  U\W.].(^_[`abc5)c^ .a d         e <?Uf8 =  gSTU ∗ ZUS7(YSZZ[UZ)X?Uf8 =  gSTU ∗ [fS9(YSZZ[UZ)d 
 
• Filtering: 
 
A pass-band filter has been created and applied to the demodulated signal to keep only 
the low frequencies. 
  
Figure.26: Filtering the RF output  with a pass-band filter for AM-AM measurement 
 
• Re-sampling: 
The output signal is sampled at a sampling rate equal to 2 GHz and the signal sent to 50 
MHz. To compare them, we do a re-sampling to the input signal: 
 
Ia=resample(I,2000,50); 
Qa=resample(Q,2000,50); 
 
• Synchronization: 
 
Before synchronization, we correct the phase of the output signal and we keep the more 
correlated sample with the input: 
<Xh_S^U = <X. UW.].i/E     g[a_   i ∈ l5,  Cm 
 
Then we synchronize the output wave with the signal sent, q.v. figure.25. 
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Figure.27: Synchronisation of the RF output and the input for AM-AM measurement 
 
After that, the signal is demodulated to verify the accuracy of all the previous steps, q.v. 
figure.27. 
 
           Figure.28: 4-QAM constellation of the RF output 
 
It is clearly a 4-QAM constellation. The rotation and the dispersion of symbols are due to 
the amplifier distortion. 
 
The measurement results 
 
             The AM/AM characteristic results from the amplitude of the input and the output. 
Indeed, the amplitude modulation is comparable to a sweep of power except that in this 
case one measurement is sufficient because it provide us with different amplitude. 
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A matrix module is calculated this way: 
n = |< + W ∗ X|C5O  
The amplitude characteristic that results from this measurement is then the 
approximate AM/AM.  Those are the results of the AM/AM measurement test with the 4-
QAM and an input power equal to 14dB. 
 
Figure.29: The AM-AM curve in amplitude (test with 4-QAM) 
The real curve, in blue, is a cloud of point, it is approximate by the curve in red. The 
equivalent power curve is calculated too:      =  5 ∗ 789 5|o| 
It gives the following curve: 
 
Figure.30: The AM-AM curve in amplitude (test with 4-QAM) 
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The IP3dB is the point of 1dB compression. 
The result is then equal to: 
Result = 
 ***********************  
  IP3dbm = 29.5241 dBm  
                      *********************** 
 
 
Figure.31: The amplifier gain given by Matlab 
 
We can notice that the AM/AM curve obtained correspond exactly to what was expected. 
Furthermore, the gain curve gives a good approximation to the amplifier gain expected: 
19dBm 
 
Comparison between the theoretical prediction and the experimental data 
 
According to the data sheet, the 1dB compression point at 24V and 700MHz is:           
         <;# = B, C ?@       q.v. figure.29 
The point found by the Matlab program is: <;# = B. C ?@ 
 
Moreover, the gain given by the data sheet and the one given by Matlab are quite similar: p?SaS^_UUa =  B?@  ~  p=Sa7Sr =  B, C ?@ 
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We can conclude that the results are equal, that means that the program is working 
properly. 
 
    Figure.32: The point of 1dB compression of the ZHL-2 Amplifier according to the data sheet 
 
4.3 The amplitude-to-phase modulation (AM/PM) 
AM-PM distortion is an unwanted rotation or phase modulation of the RF signal 
at the output of the RF power amplifier, caused by changing the envelope signal at the 
input of the amplitude modulator. As with AM-AM, one should denote this distortion as AMuu − PMwx.  
 
The laboratory bench 
 
Figure.33: The laboratory bench for AM/AM measurement 
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The maximum input power of the amplifier used is 15dBm. To reach the point of 1dB 
compression without forcing the generator, we use a second amplifier. 
The computer is communicating with the wave generator and the oscilloscope via a 
GPIB.  Matlab loads the wave into the generator.  
The Input wave is captured in the output of the first amplifier.   The output wave is 
captured at the output of the second amplifier. 
 
Caution must be taken not to exceed the maximum input power: 15dB. 
 
4.3.1 Evaluating the AM-PM with power sweeps: 
           As with the AM-AM measurement, a sinusoidal wave is generated. 
The power sweep varies between -1.5dB and -10dB (between 14,5dB and 6dB for the 
second amplifier) with a variable step which is smaller around the compression region. 
This choice of the power sweep depends on the gain of the first amplifier and the 
attenuation caused by splitters.  
 
4.3.2 The measurement results 
            For each value of the power sweep we proceed the same way: 
First, the FFT of the output and input data collected from the oscilloscope is calculated: y = ccz({^Y[778^Y8hU ?SaS) 
Secondly, the module of X is calculated to determine the carrier frequency. 
The positive frequency where the amplitude spectrum of the FFT of the RF output is 
maximum is saved (here it is 703125000 Hz).  
 
Figure.34:The amplitude spectrum of the FFT of RF output (AM-PM) 
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At this point, the phase |  of input and output is calculated this way: y = |y|. UW}  } = S~97U(y) 
 
 
Figure.35: The phase of the input and the output 
 
Then the difference between the two phases is saved into a matrix called ‘phase’. h_S^U = h_S^U8aha − h_S^U[~ha 
As for the AM-AM measurement, the input amplitudes are calculated too. 
Finally, the nonlinear relationship between the envelope signal A(t)  at the input of the 
amplitude modulator, and the difference between the input and the output phase gives 
the AM-PM characteristic. 
 
Figure.36: The AM-PM curve 
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Unfortunately the curve does not correspond to the expected result. 
The first part of the curve (low input Power <7dB) is more or less constant, that 
correspond to what we expect. But the last part is incomprehensible. 
Due to lack of time, I could not fix this problem. It remains suspended. 
 
4.4 Error vector magnitude (EVM) 
 
In wireless communication devices, phase and amplitude distortion created by 
the power amplifier directly affects the quality of the communication. The most 
significant measurement for analyzing power amplifier performance in the latest 
communication system protocols is error vector magnitude (EVM). This is a measure of 
modulation accuracy, or how well the power amplifier is transmitting information, 
represented by the varying phase and amplitude of an RF signal. EVM measurements 
lend insight into the communication link and are the key measure of transmitter 
performance. 
On the receiver side, EVM is a measure of how well the receiver demodulated the 
transmitted signal. While BER (bit error rate) measurements provide a more direct 
measure of receiver performance, EVM measurements are faster than BER 
measurements and give more insight into amplifier performance. 
 
The laboratory bench 
 
 
Figure.37: The laboratory bench for EVM  measurement 
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4.4.1 Evaluating the EVM 
 
For our measurements, a 4-QAM modulated with an OFDM is loaded into the 
generator. Having caught the input and output waves from the oscilloscope, we do the 
demodulation, filtering, re-sampling and synchronization correspondents. 
The following diagram explains the steps performed: 
 
 
Figure.38: The steps performed for an OFDM  demodulation at reception 
 
 
The first five steps are exactly those seen for demodulating MQAM for AM-AM 
measurement: 
 
• Frequency shift 
 
This test is explained with details in the last part of the report. Please refer to the page 
44. The program gives the following result: 
 
 ******************************* 
        frequency shift = 4192.88 Hz  
        ******************************* 
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           Figure.39: Frequency shift test 
 
• Demodulation: 
 
Q RSTU =  < + W ∗ X YSZZ[UZ =  U\W.].(^_[`abc5)c^ .a d         e <?Uf8 =  gSTU ∗ ZUS7(YSZZ[UZ)X?Uf8 =  gSTU ∗ [fS9(YSZZ[UZ)d 
 
 
• Filtering: 
 
A pass-band filter has been created and applied to the demodulated signal to keep only 
the low frequencies. 
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Figure.40: Filtering the RF output  with a pass-band filter for EVM measurement 
• Re-sampling: 
The output signal is sampled at a sampling rate equal to 2 GHz and the signal sent to 50 
MHz. To compare them, we do a re-sampling to the input signal: 
 
Ia=resample(I,2000,50); 
Qa=resample(Q,2000,50); 
 
• Synchronization: 
 
Before synchronization, we correct the phase of the output signal and we keep the more 
correlated sample with the input: 
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<Xh_S^U = <X. UW.].i/E     g[a_   i ∈ l5,  Cm 
 
Then we synchronize the output wave with the signal sent, q.v. figure.40. 
 
 
Figure.41: Synchronisation of the RF output and the input for EVM  measurement 
 
After that, the signal is demodulated, q.v. figure.42. 
 
 
Figure.42: 4-QAM constellation of the RF output after OFDM demodulation 
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We can notice that the received symbols are different from symbols emitted. To remedy 
this problem, we apply an LMS equalizer. 
 
• The LMS Linear Equalizer 
 
Least mean squares (LMS) algorithms are used in adaptive filters to find the filter 
coefficients that relate to producing the least mean squares of the error signal 
(difference between the desired and the actual signal). It is a stochastic gradient descent 
method in that the filter is only adapted based on the error at the current time. 
 
 
The algorithm used can be summarized as following: 
 
 
M:  the number of coefficients of the LMS filter G+2!/.0 : The output of the OFDM demodulation block 
h (n):  filter coefficient  
 
Recovery of the last M data:  
ZUYU[TU?(~) =  ^Sfh7U(~)^Sfh7U(~\ )^Sfh7U(~\=) 
 
Calculating the error between the output and input symbols: 
 U(~) = (~) −  = _. ZUYU[TU?(~) −  
Updated filter coefficient  h : 
 _~ = _~ − . U(~). ZUYU[TU?(~) 
 
As can be noted, The LMS algorithm is very simple: it requires only multiplication and 
subtraction. 
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Figure.43: Covergence error of  the LMS Equalizer 
 
 
 
Figure.44: 4-QAM Constellation to note the Equalizer effect 
 
• The EVM block 
The variables are defined as follows: 
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OUT_LMS : the output of the LMS block 
Symbols : emmited symbols 
 
e I = Real(symbols)Q = Imag(symbols)d       and           e I = Real(OUT LMS)Q = Imag(OUT LMS)d 
 
 
Then the wave received is calculated:  
 
 
¡¢£
¢¤ I = I. mean(|I|)mean(|I|)Q = Q. mean(|Q|)mean(|Q|)
d 
 
 
The difference between the received and the emitted waves is expressed as follows: 
 
 e dI = I − I     dQ = Q − Q d 
 
 
There are several expressions of the EVM, but we chose the following definition: 
 
EVM = mean © dI + dQI + Q 
 
 
Comparison between the theoretical prediction and the experimental data 
 
At low input power (1dB for instance), the EVM should be very low about 1%, but 
our measurement gives the following result:    
 
EVM = 0.2673 = 26%. 
 
This was predictable given the results of the constellation: the received symbols are still 
different from the symbols sent even after the LMS equalization. 
 
For lack of time, we could not find what is causing this error. 
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4.5 The correction of the frequency shift 
 
It was noted that the tests discussed in the preceding paragraphs were either shifted or 
wrong. Several tests were conducted to detect and correct the error.  
The error is due to the frequency shift of the generator, which means that the center 
frequency displayed by the generator is not exactly the frequency used. 
Two methods were used. The first method is approximate and resulting of successive 
tests, the second is more accurate based on logical reasoning. 
 
4.5.1 The first method 
One symbol is sent through the amplifier, the signal is demodulated using a 
variable frequency equal to: the central frequency displayed by the generator plus a 
variable frequency shift. 
` = c5 + ª        STUY c5 = «55=¬z 
After demodulation, the constellation shows an arc instead of a point since only one 
symbol is sent. According to the values of x, we try to reduce the length of the arc to get a 
point, q.v. figure.45. 
 We obtain the following result: 
Frequency shift = 3829 Hz 
That means that the central frequency of the generator is equal to 700.003.829 Hz 
instead of 700MHz. 
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Figure.45: The frequency shift test with the first method 
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4.5.2 The second method 
 
This method is more accurate since it is based on a mathematical reasoning. 
 The idea is to take advantage of the aliasing of a sinusoidal signal spectrum. We send the 
carrier generated by the generator through the amplifier at a frequency equal to 
F0=700MHz. At a certain sampling frequency, a peak caused by the aliasing must appear 
at the point 0Hz. The sampling frequency considered is 50kHz.  
Because of the frequency shift, the peak appears at 4193Hz instead of 0Hz, q.v. figure.45. 
The frequency shift is then equal to: 
 
******************************* 
           frequency shift = 4192.88 Hz  
******************************* 
 
Figure.46: The frequency shift test using the aliasing 
 
The results of the first and second method are quite similar.  
 
For all the measurements, the second method will be executed at the beginning of each 
program. 
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Conclusion 
 
 
 
The problem addressed in this report was to describe tools and parameters to 
characterize amplifier nonlinearity measurements.  
Many measurements were made to evaluate the Intermodulation distortion ratio 
(IMD3), the amplitude to amplitude modulation (AM-AM), the amplitude to phase 
modulation (AM-PM) and the Error Vector Magnitude (EVM).  
 
First, the communication were established between MATLAB and both the oscilloscope 
and the generator. This operation was achieved by using the commands available in the 
programmer’s guide of both instruments in a MATLAB program. 
Then digital communications modulations were generated with MATLAB for exciting a 
radiofrequency amplifier: two tones, M-QAM and OFDM. 
Finally the evaluation of the parameters was conducted by simulating samples from 
those signals through the radiofrequency amplifier. Some of the tests were incorrect due 
to the generator frequency shift. This problem was corrected by a ‘one tone’ test before 
each measurement. 
Unfortunately, the two last measurements, AM-PM and EVM, were not successfully 
achieved. The spreading out of the symbols after demodulation at the reception has 
caused sizeable errors in the evaluation even after the frequency shift correction and the 
LMS equalization.  
The next step will be then to correct the errors in the AM-PM and EVM measurements in 
order to realize a complete model of the amplifier characteristics. 
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Appendix 
MATLAB Code 
 
A. Uploading  The modulated signal to a Vector Signal Generator 
% ||||||||||||||||||||||||||||||||||||||||||||| Managing the Generator |||||||||||||||||||||||||||||||||||||||||||||||||% 
  
%% 1st STAGE: "Uploading the modulated signal to a Vector Signal Generator ". 
%========================================================================== 
% Programming N5182A MXG Vector Signal Generator Agilent Technologies oscilloscope. 
% Programmer: Soukaïna Hamidi 
% University: EPSC-UPC (CMC Group) 
% Date: 06-22-09 
%========================================================================== 
%% ---------------------  Initializing the workspace ---------------------- 
% close all; clear all; clc; 
  
%% ------------------------------  Parameters --------------------------------  
  
VENDOR = 'ni';                                %Vendor that supply the GPIB (Agilent,ni...) 
BOARDINDEX = 1;                                 %The board index associated to the GPIB 
PRIMARYADDRESS = 1;                          %between 0 and 30 
parametres={'Power','Frequency of the modulator','Frequency of the carrier'}; 
titre='Generator parameters'; 
lignes=1; 
intputdefault={'10','53.333e+06','700e+06'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
  
Pow = str2num(answer{1}); 
sampclk = str2num(answer{2});                               % defines the ARB Sample Clock for playback  
F0 = str2num(answer{3});                          % Frequency of the carrier 
pause(1) 
%% ----------------------- Initializing Commands -------------------------- 
% Define a filename for the data in the ARB 
ArbFileName = 'TwOtOnE'; 
  
g = gpib(VENDOR, BOARDINDEX, PRIMARYADDRESS);   % To construct a GPIB object 
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g.InputBufferSize= 10000000;                                                   % Its default value is 512 
g.OutputBufferSize = 10000000;                      % Set up the output buffer size 
g.TimeOut = 100; 
  
% Set output to Big Endian with TCPIP objects, because we do the interleaving  
% and the byte ordering in code. For VISA or GPIB objecs, use littleEndian. 
g.ByteOrder = 'littleEndian';%the device stores the first byte in the first memory address 
  
% Open connection to the instrument 
fopen(g);                        
  
% To query the instrument ID. 
fprintf(g, '*IDN?');               
idn = fscanf(g)                                   % Identification of the instrument 
message = sprintf('Connection with %s \n',idn) 
  
%% ------------------------- modulation 2-Tones  -------------------------- 
  
parametres={'Number of points','2-Tones frequency band'}; 
titre='Two Tones parameters'; 
lignes=1; 
intputdefault={'64','10e+06'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
Ns = str2num(answer{1});            % number of points  
delta_f = str2num(answer{2});       % 2-Tones frequency band 
F1 = F0-delta_f/2; 
F2  =F0+delta_f/2; 
  
I = two_tone_IQdata(Ns,F0,delta_f,sampclk); % 2 tones modulation 
Q=I; 
  
pause(1) 
% The I/Q signal 
IQData = I+ j.*Q; 
% Seperate out the real and imaginary data in the IQ Waveform 
wave = [real(IQData);imag(IQData)]; 
wave = wave(:)';                    % transpose the waveform 
  
% Scale the waveform 
tmp = max(abs([max(wave) min(wave)])); 
if (tmp == 0) 
    tmp = 1; 
end 
  
% ARB binary range is 2's Compliment -32768 to + 32767 
% So scale the waveform to +/- 32767 not 32768 
scale = 2^15-1; 
scale = scale/tmp; 
wave = round(wave * scale); 
modval = 2^16; 
  
% Get it from double to unsigned int and let the driver take care of Big 
% Endian to Little Endian for us.  
wave = uint16(mod(modval + wave, modval)); 
  
%%  ------------------------ Downloading commands  ------------------------ 
% Some more commands to make sure we don't damage the instrument 
fprintf(g,':OUTPut:STATe OFF') 
fprintf(g,':SOURce:RADio:ARB:STATe OFF') 
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fprintf(g,':OUTPut:MODulation:STATe OFF') 
  
% Set the instrument source frequency 
fprintf(g, ':SOURce:FREQuency %d', F0); 
  
% Set the source power 
fprintf(g, 'POWer %d', Pow); 
% fprintf(g,':LIST:POW 0dBm,-1dBm,-2dBm,-3dBm,-4dBm') 
% Set the ARB sample clock 
fprintf(g,':SOURce:RADio:ARB:CLOCk:srate %d',sampclk);   
  
% Write the data to the instrument 
siz = size(wave); 
message = sprintf('Starting Download of %d Points\n',siz(2)/2) 
binblockwrite(g,wave,'uint16',[':MEM:DATA "WFM1:' ArbFileName '",']); 
fprintf(g,''); 
  
% Some more commands to start playing back the signal on the instrument 
  
fprintf(g,':SOURce:RADio:ARB:STATe ON') 
fprintf(g,':OUTPut:MODulation:STATe ON') 
fprintf(g,':OUTPut:STATe ON')     % turn on RF output power 
fprintf(g,[':SOURce:RADio:ARB:WAV "ARBI:' ArbFileName '"']); 
  
%% ----------------------- Disconnecting the GPIB  ------------------------ 
fclose(g);                          % To disconnect the GPIB 
delete(g);                          % To delete the object 
message = sprintf('Disconnection with %s \n',idn) 
 
B. Acquisition of data from the oscilloscope 
% |||||||||||||||||||||||||||||||||| Acquisition of data from the oscilloscope |||||||||||||||||||||||||||||||||||||% 
  
%% 2nd STAGE: "Acquisition of data from the oscilloscope". 
%========================================================================== 
% Programming MSO6104A Agilent Technologies oscilloscope. 
% University: EPSC-UPC (CMC Group) 
% Programmer: Soukaïna Hamidi 
% Date: 06-18-09 
%========================================================================== 
  
%% ------------------------------ Parameters ------------------------------ 
  
VENDOR = 'ni';                      %Vendor that supply the GPIB (Agilent,ni...) 
BOARDINDEX = 1;                     %The board index associated to the GPIB 
PRIMARYADDRESS = 7;                 %between 0 and 30 
%The timebase and the scale are fixed to (5e-6,0.5) so as to fix the 
%sampling frequency of the oscilloscope to:FS=20MHz 
  
%% ------------------------- Initializing Commands ------------------------ 
  
oscilo = gpib(VENDOR,BOARDINDEX,PRIMARYADDRESS); % To construct a GPIB object 
oscilo.InputBufferSize=10000000;                 % Its default value is 512 
oscilo.OutputBufferSize=1000000000; 
oscilo.TimeOut = 100.0; 
% To connect the GPIB object to the instrument 
fopen(oscilo);  
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pause(1) 
% Initializes the oscilloscope (clears the status data structures,  
% the device- defined error queue, and the Request- for- OPC flag.) 
fprintf(oscilo,'*CLS'); 
  
% To place the instrument in a known state 
% fprintf(oscilo,'*RST'); 
% To query the instrument ID. 
fprintf(oscilo, '*IDN?');  
  
idn_oscilo = fscanf(oscilo)                     % Identification of the instrument 
message = sprintf('Connection with %s \n',idn_oscilo) 
  
%% ------------------------- Aqcuisition Commands ------------------------- 
% % Selects the channel to be used as the source for the waveform commands. 
  
% To clear all selected measurements and markers from the screen. 
% fprintf(oscilo,':MEASure:CLEar');  
pause(1) 
% To set the horizontal scale or units per division for the main window. 
  
% To set the horizontal scale or units per division for the main window. 
fprintf(oscilo,':TIMebase:MODE MAIN'); 
fprintf(oscilo,':TIMEBASE:Scale %d', TimeB'); 
fprintf(oscilo,':CHANnel3:SCALe %d',Vscale3); 
fprintf(oscilo,':CHANnel1:DISPlay 0'); 
fprintf(oscilo,':CHANnel2:DISPlay 0'); 
fprintf(oscilo,':CHANnel3:DISPlay 1'); 
fprintf(oscilo,':CHANnel4:DISPlay 0'); 
  
%% -------------------------  Acquiring RF data --------------------------- 
% To set the acquisition mode 
fprintf(oscilo,':ACQUIRE:TYPE NORMAL'); 
  
%To specifie the minimum completion criteria for an acquisition 
% fprintf(oscilo,':ACQUIRE:COMPLETE 100'); 
  
% To set the waveform data format type 
fprintf(oscilo,':WAVEFORM:FORMAT BYTE'); 
  
% To set the number of waveform points to be transferred with the:WAVeform:DATA? query 
fprintf(oscilo,':WAVeform:POINts:MODE RAW'); 
fprintf(oscilo,':ACQuire:POINts?'); 
points = fscanf(oscilo) 
pause(2) 
  
fprintf(oscilo,':SINGle'); 
  
%------------ The Output ------------ 
f = figure; 
set(gcf,'Position',[450 450 430 70]) 
h = uicontrol('Position',[20 20 400 40],'String','Please wait until the capture is complete then press to 
continue',... 
              'Callback','uiresume(gcbf)'); 
disp('This will print after you click Continue'); 
uiwait(gcf);  
disp('This will print immediately'); 
close(f); 
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% To select the channel for the acquisition 
fprintf(oscilo,':WAVeform:SOURce CHANNEL3'); 
pause(1) 
fprintf(oscilo,':WAVeform:POINts 1000000'); 
pause(1) 
fprintf(oscilo, ':WAVeform:DATA?'); 
pause(1) 
% Returns the binary block of sampled data points 
OUT_data = binblockread(oscilo); 
% OUT_data = OUT_data - mean(OUT_data); %The output of the amplifier 
length_signal2 = length(OUT_data); 
  
%--- Normalize the scale --- 
fprintf(oscilo,':WAVEFORM:XINCREMENT?'); 
xincrement=str2num(fscanf(oscilo)); 
fprintf(oscilo,':WAVEFORM:Xorigin?'); 
xorigin=str2num(fscanf(oscilo)); 
fprintf(oscilo,':WAVEFORM:Xreference?'); 
xreference=str2num(fscanf(oscilo)); 
fprintf(oscilo,':WAVEFORM:Yincrement?'); 
yincrement=str2num(fscanf(oscilo)); 
fprintf(oscilo,':WAVEFORM:Yorigin?'); 
yorigin=str2num(fscanf(oscilo)); 
fprintf(oscilo,':WAVEFORM:Yreference?'); 
yreference=str2num(fscanf(oscilo)); 
% To convert to physical value seen on the oscilloscope 
vo=(OUT_data-yreference)*(yincrement)+yorigin; 
to=((1:length(OUT_data))-xreference)*xincrement+xorigin; 
pause(1) 
  
%% ----------------------- Disconnecting the GPIB ------------------------- 
fclose(oscilo);                          % To disconnect the GPIB 
delete(oscilo);                          % To clear the GPIB 
message = sprintf('Disconnection with %s \n',idn_oscilo) 
 
  
C. Measurement of the IMD 
 
C.1. Main IMD3 
 
% ||||||||||||||||||||||||||||||||||||||||| Two-Tones Test: Evaluating IDM3 |||||||||||||||||||||||||||||||||||||||% 
  
%% 3-1st STAGE: "Two-Tones Test: Evaluating IDM3". 
%========================================================================== 
% Programmer: Soukaïna Hamidi 
% University: EPSC-UPC (CMC Group) 
% Date: 06-29-09 
%========================================================================== 
%%  ---------------------- Initializing the workspace --------------------- 
clear all;close all;clc; 
  
%%  --------------------------- Call functions ---------------------------- 
N5182A_IDM3; 
IDM_measurement; 
Result = sprintf(' *********************** \n  PIDM3db = %g dB \n *********************** \n',PIDM3db) 
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C.2.    Two tone modulation 
 
% ||||||||||||||||||||||||||||||||||||||||||||||||||| 2-tone Modulation |||||||||||||||||||||||||||||||||||||||||||||||||% 
function R = two_tone_IQdata(Ns,F0,delta_f,sampclk) 
%------------------------------ 
% 2-tone Modulation 
%------------------------------ 
n = Ns*(delta_f/2)/sampclk; 
I =cos(2*pi*n*(0:Ns-1)/Ns);% to cancel discontinuity: 64*5e6/53.33e6 for B=~10MHz 
R = I; 
end 
 
C.2.    Calculating the IMD 3 
 
% ||||||||||||||||||||||||||||||||||||||||||||||||||| calculating IMD 3 |||||||||||||||||||||||||||||||||||||||||||||||||||% 
  
%% 1st STAGE: "Acquisition of data from the oscilloscope". 
%========================================================================== 
% Programming MSO6104A Agilent Technologies oscilloscope & calculating IDM. 
% Programmer: Soukaïna Hamidi 
% University: EPSC-UPC (CMC Group) 
% Date: 06-29-09 
%========================================================================== 
  
%% ------------------------------ Parameters ------------------------------ 
  
VENDOR = 'ni';                      %Vendor that supply the GPIB (Agilent,ni...) 
BOARDINDEX = 1;                     %The board index associated to the GPIB 
PRIMARYADDRESS = 7;                 %between 0 and 30 
Y = [];                             %Matrix of RF channel's data 
  
%The timebase and the scale are fixed to (5e-6,0.5) so as to fix the 
%sampling frequency of the oscilloscope to:FS=20MHz 
  
%% ------------------------ Initializing Commands ------------------------- 
  
oscilo = gpib(VENDOR,BOARDINDEX,PRIMARYADDRESS); % To construct a GPIB object 
oscilo.InputBufferSize=10000000;                 % Its default value is 512 
oscilo.OutputBufferSize=1000000000; 
oscilo.TimeOut = 100.0; 
% To connect the GPIB object to the instrument 
fopen(oscilo);  
pause(1) 
% Initializes the oscilloscope (clears the status data structures,  
% the device- defined error queue, and the Request- for- OPC flag.) 
fprintf(oscilo,'*CLS'); 
pause(1) 
% To place the instrument in a known state 
fprintf(oscilo,'*RST'); 
% To query the instrument ID. 
fprintf(oscilo, '*IDN?');  
pause(1) 
idn = fscanf(oscilo)                             % Identification of the instrument 
message = sprintf('Connection with %s \n',idn) 
  
%% ------------------------- Aqcuisition Commands ------------------------- 
% To clear all selected measurements and markers from the screen. 
fprintf(oscilo,':MEASure:CLEar');  
pause(1) 
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% To set the horizontal scale or units per division for the main window. 
  
% To set the horizontal scale or units per division for the main window. 
fprintf(oscilo,':TIMebase:MODE MAIN'); 
fprintf(oscilo,':TIMEBASE:Scale 5e-6'); 
fprintf(oscilo,':CHANnel3:SCALe 0.2'); 
  
fprintf(oscilo,':CHANnel1:DISPlay 0'); 
fprintf(oscilo,':CHANnel2:DISPlay 0'); 
fprintf(oscilo,':CHANnel3:DISPlay 1'); 
fprintf(oscilo,':CHANnel4:DISPlay 0'); 
  
%% -------------------------  Acquiring RF data --------------------------- 
% To select the channel for the acquisition 
fprintf(oscilo,':WAVeform:SOURce CHANNEL3'); 
pause(1) 
fprintf(oscilo,':SINGle'); 
pause(1) 
% To set the acquisition mode 
fprintf(oscilo,':ACQUIRE:TYPE NORMAL'); 
  
%To specifie the minimum completion criteria for an acquisition 
% fprintf(oscilo,':ACQUIRE:COMPLETE 100'); 
  
% To set the waveform data format type 
fprintf(oscilo,':WAVEFORM:FORMAT BYTE'); 
  
% To set the number of waveform points to be transferred with the:WAVeform:DATA? query 
fprintf(oscilo,':WAVeform:POINts:MODE RAW'); 
fprintf(oscilo,':ACQuire:POINts?'); 
points_max = fscanf(oscilo); 
fprintf(oscilo,':WAVeform:POINts 100000'); 
  
pause(1) 
fprintf(oscilo, ':WAVeform:DATA?'); 
pause(4) 
  
% Returns the binary block of sampled data points 
RF_data = binblockread(oscilo); 
RF_data = RF_data - mean(RF_data);                  %The output of the amplifier 
length(RF_data) 
pause(1) 
  
%% ----------------------------- Saving data ------------------------------  
%---------- FFT ----------- 
Fs = 2000e6;                                        % sampling frequency (FS=20MHz) 
L = length(RF_data); 
NFFT = 2^nextpow2(L);                               % Next power of 2 from length of y 
Y = fft(RF_data,NFFT);                              % NFFT pt FFT 
  
a = fftshift(20*log10(abs(Y))); 
b = [-NFFT/2:NFFT/2-1]*Fs/NFFT; 
  
  
%% -----------------------  calculation of IDM3 --------------------------- 
%------ To find peaks ------ 
pos1 = find(F1-0.1e+06<b & b<F1+0.1e+06); 
max1 = max(a(pos1)); 
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pos2 = find(2*F1-F2-0.1e+06<b & b<2*F1-F2+0.1e+06); 
max2 = max(a(pos2)); 
  
%------------ IDM ---------- 
PIDM3db = max1-max2; 
  
%% Disconnecting the GPIB 
fclose(oscilo);                          % To disconnect the GPIB 
delete(oscilo);                          % To clear the GPIB 
message = sprintf('Disconnection with %s \n',idn) 
  
%% -----------------------------  Plots ----------------------------------- 
%---------- The RF output ---------- 
% figure 
% plot(RF_data) 
%------ The IFFT of RF output ------ 
% figure 
% plot([-NFFT/2:NFFT/2-1]*Fs/NFFT,fftshift(abs(Y))) ; 
% xlabel('frequency, MHz') 
% ylabel('amplitude') 
% title('Amplitude Spectrum of the IFFT of RF output');  
  
figure 
plot(b,a) ; 
xlabel('frequency, Hz') 
ylabel('amplitude dBm') 
title('Amplitude Spectrum of the FFT of RF output (dBm)');  
 
 
D. Evaluating the AM/AM 
D.1.  Main AM/AM 
 
% ||||||||||||||||||||||||||||||||||||||||||||||||||||||  Evaluating AM/AM ||||||||||||||||||||||||||||||||||||||||||||% 
  
%% 3-2nd STAGE: "Evaluating AM/AM". 
%========================================================================== 
% Programmer: Soukaïna Hamidi 
% University: EPSC-UPC (CMC Group) 
% Date: 07-15-09 
%========================================================================== 
%% ---------------------- Initializing the workspace ---------------------- 
clear all;close all;clc; 
%% ---------------------------- Call functions ---------------------------- 
choice_modulation =menu('Choose a modulation please','MQAM','Power sweep'); 
  
if choice_modulation == 1 
    main_AM_MQAM; 
elseif  choice_modulation == 2 
    main_AM_PowerSweep; 
end 
 
D.2.   Evaluating the AM/AM with the 16-QAM 
 
 
% ||||||||||||||||||||||||||||||||||||||||||| 16QAM Test: Evaluating AM-AM |||||||||||||||||||||||||||||||||||||||% 
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%% 3rd STAGE: " 16 QAM for AM-AM Measurements ". 
%========================================================================== 
% Programmer: Soukaïna Hamidi 
% University: EPSC-UPC (CMC Group) 
% Date: 07-15-09 
%========================================================================== 
  
%% Call function: Frequency shift 
% Frequency shift 
shift=0; 
  
freq_shift =menu('Do you want to find to the generator frequency shift','Yes','No'); 
  
if freq_shift == 1 
     main_shift; 
end 
  
%% Parameters 
  
% -- generator 
parametres={'Frequency of the modulator','Frequency of the carrier','Power'}; 
titre='Generator parameters'; 
lignes=1; 
intputdefault={'53.333e+06','700e+06','-10'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
  
sampclk = str2num(answer{1});       % defines the ARB Sample Clock for playback  
F0 = str2num(answer{2});            % Frequency of the carrier 
Pow = str2num(answer{3});     
pause(1) 
parametres={'Attenuation'}; 
titre='Attenuation'; 
lignes=1; 
intputdefault={'20'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
attenuation = str2num(answer{1});       % defines the ARB Sample Clock for playback  
  
pause(1) 
% -- Oscilloscope 
TimeB = 5e-6; 
Fs = 2e9;                          % sampling frequency (FS=2GHz) 
Vscale1 = 0.5+0.02*Pow; 
Vscale3 = 0.5+0.02*Pow; 
  
%% Call functions 
   
    N5182A_AM; 
    AM_oscilo_capture; 
%-----------------------  calculation of AM-AM -------------------------- 
%********* OUTPUT ********* 
% Demodulation 
  
carrier_signal=exp(-j*2*pi*(shift+F0)/Fs*[0:length(vo)-1]);% carrier signal 
I1=vo.*real(carrier_signal).';                         % from a band-pass signal to a low-pass signal 
Q1=vo.*imag(carrier_signal).';                         % from a band-pass signal to a low-pass signal 
  
% Filtering 
ht = Lowpass_FIR; 
I2=filter(ht,1,I1);      
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Q2=filter(ht,1,Q1); 
  
% Resampling the input 
Ia=resample(I,2000,50); 
Qa=resample(Q,2000,50); 
  
%% Choice of sample correlated best with the input 
corr_ech = -1; 
var_ech = 0; 
corr_ph = -1; 
var_ph = 0; 
IQ2 = I2+j*Q2; 
  
%***** Phase ***** 
for phase=0:1:15 
IQ3 = IQ2.*exp(j*phase*pi/8); 
I3 = real(IQ3); 
Q3 = imag(IQ3); 
  
% Zero-padding 
I4 = [I3;zeros(length(Ia)-length(I3),1)].'; 
Q4 = [Q3;zeros(length(Qa)-length(Q3),1)].'; 
  
% Synchronisation 
[I5,Q5,GainI,GainQ,Delay_I,Delay_Q]=Sincronitzar(Ia,Qa,I4,Q4); 
  
% Truncation 
if ((I5(1)~=0 && I5(end)~=0) && (Q5(1)~=0 && Q5(end)~=0)) 
%Input 
Ib = [Ia(length(Ia)-abs(Delay_Q)+1:end) Ia(1:length(I3)-abs(Delay_I))]; 
Qb = [Qa(length(Qa)-abs(Delay_Q)+1:end) Qa(1:length(Q3)-abs(Delay_Q))]; 
%Output 
I6 = [I5(length(I5)-abs(Delay_Q)+1:end) I5(1:length(I3)-abs(Delay_I))]; 
Q6 = [Q5(length(Q5)-abs(Delay_Q)+1:end) Q5(1:length(Q3)-abs(Delay_Q))]; 
  
elseif ((I5(1)~=0 && I5(end)~=0) && (Q5(1)==0 || Q5(end)==0)) 
%Input 
Ib = [Ia(length(Ia)-abs(Delay_Q)+1:end) Ia(1:length(I3)-abs(Delay_I))]; 
Qb = Qa(abs(Delay_Q)+1:length(Q3)+abs(Delay_Q)); 
%Output 
I6 = [I5(length(I5)-abs(Delay_Q)+1:end) I5(1:length(I3)-abs(Delay_I))]; 
Q6= Q5(abs(Delay_Q)+1:length(Q3)+abs(Delay_Q)); 
  
elseif ((Q5(1)~=0 && Q5(end)~=0) && (I5(1)==0 || I5(end)==0)) 
%Input 
Ib = Ia(abs(Delay_I)+1:length(I3)+abs(Delay_I)); 
Qb = [Qa(length(Qa)-abs(Delay_Q)+1:end) Qa(1:length(Q3)-abs(Delay_Q))]; 
%Output 
I6 = I5(abs(Delay_I)+1:length(I3)+abs(Delay_I)); 
Q6 = [Q5(length(Q5)-abs(Delay_Q)+1:end) Q5(1:length(Q3)-abs(Delay_Q))]; 
  
else 
%Input 
Ib = Ia(abs(Delay_I)+1:length(I3)+abs(Delay_I)); 
Qb = Qa(abs(Delay_Q)+1:length(Q3)+abs(Delay_Q)); 
%Output 
I6= I5(abs(Delay_I)+1:length(I3)+abs(Delay_I)); 
Q6= Q5(abs(Delay_Q)+1:length(Q3)+abs(Delay_Q)); 
end 
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% ***** Correlation test ***** 
corr_I = max(xcorr(Ib,I6)); 
corr_Q = max(xcorr(Qb,Q6)); 
corr = (corr_I+corr_Q)/2; 
  
if (corr > corr_ph) 
    corr_ph = corr; 
    var_ph = phase; 
    I6ref = I6; 
    Ibref = Ib; 
    Q6ref = Q6; 
    Qbref = Qb; 
else 
    corr_ph = corr_ph; 
    var_ph = var_ph; 
end 
end 
  
%********* INPUT ********* 
% Demodulation 
carrier_signal2=exp(j*2*pi*(shift+F0)/Fs*[0:length(vi)-1]); 
Ii1=vi.*real(carrier_signal2');                     % from a band-pass signal to a low-pass signal 
Qi1=vi.*imag(carrier_signal2');                     % from a band-pass signal to a low-pass signal 
  
% Filtrating 
ht = Lowpass_FIR; 
Ii2=filter(ht,1,Ii1);      
Qi2=filter(ht,1,Qi1); 
  
corr_ph2 = -1; 
var_ph2 = 0; 
  
IQi2 = Ii2+j*Qi2;  
  
for phase2 = 0:1:15 
    
IQi3 = IQi2*exp(j*phase2*pi/8); 
Ii3 = real(IQi3); 
Qi3 = imag(IQi3); 
  
% Synchronisation 
[Ix,Qx,GuanyI,GuanyQ,Delay_I,Delay_Q]=Sincronitzar(I6ref,Q6ref,Ii3.',Qi3.'); 
  
corr_I = max(xcorr(I6ref,Ix)); 
corr_Q = max(xcorr(Q6ref,Qx)); 
corr = (corr_I+corr_Q)/2; 
  
if (corr > corr_ph2) 
    corr_ph2 = corr; 
    var_ph2 = phase2; 
    Ii = Ix; 
    Qi = Qx; 
    
else 
    corr_ph2 = corr_ph2; 
    var_ph2 = var_ph2; 
end 
end 
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%%  Apply the matched filter 
delay=101; 
fac = 2e9*T/sampclk; 
% ***** Intput ***** 
Iif=filter(fRC,1,Ii);                     % filter the received signal by the matched filter 
Iis = Iif(delay:fac:end); 
Qif=filter(fRC,1,Qi);                     % filter the received signal by the matched filter 
Qis = Qif(delay:fac:end); 
  
% ***** Output ***** 
Iof=filter(fRC,1,I6ref);                   % filter the received signal by the matched filter 
Ios = Iof(delay:fac:end); 
Qof=filter(fRC,1,Q6ref);                     % filter the received signal by the matched filter 
Qos = Qof(delay:fac:end); 
  
IQi = Iis+j*Qis; 
IQo = Ios+j*Qos; 
% figure;plot(Iis*Gain,'b');hold on;plot(Ios,'r'); 
  
[Ios,Qos,GuanyI,GuanyQ,Delay_I,Delay_Q]=Sincronitzar(Iis,Qis,Ios,Qos); 
  
Gain = mean(abs(Ios))/mean(abs(Iis)); 
% plot(0:length(Iis)-1,Iis*Gain,'p--');hold on;plot(0:length(Iis)-1,Ios,'r'); 
  
figure;plot(Ios,Qos,'.');ylabel('Imaginary');xlabel('Real'); 
title('The constellation of the Amplifier output');  
  
figure 
plot(Q6ref) 
hold on 
Gain=mean(abs(Q6ref))/mean(abs(Qi)); 
plot(Qi*Gain,'m--') 
title('Synchronisation');  
legend('INPUT','OUTPUT'); 
  
IN  = abs(Ii+j*Qi).^2./50; 
IN = IN(100:end); 
OUT = abs(I6ref+j*Q6ref).^2./50; 
OUT = OUT(100:end); 
% --- interpolation 
p = polyfit(IN,OUT,10); 
x = (0: 0.001: 10)'; 
f = polyval(p,IN); 
INdB = 10*log10(IN*1e+03); 
OUTdB = 10*log10(f*1e+03)+20; 
  
figure; 
plot(IN,OUT); 
hold on 
plot(IN,f,'r') 
title('Evaluation of the AM/AM by 4-QAM');  
xlabel('Input Amplitude'); 
ylabel('Output Amplitude'); 
legend('Real Curve','Approximate Curve','Location','SE'); 
inDEX=-5e-18; 
inDEX=[find(-2<=INdB) inDEX]; 
if(inDEX(1,1)==-5e-18) 
     message = sprintf('The point of compression was not found \n')  
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else 
IN2=INdB(inDEX(1:end-1)); 
OUT2=OUTdB(inDEX(1:end-1)); 
% --- Linear response 
inDEX2=find(-2<=IN2 & IN2<=1.5); 
A = regress(OUT2(inDEX2)',[ones(size(IN2(inDEX2)')) IN2(inDEX2)']); 
x2 = IN2; 
y2 = A(1) + A(2)*x2; 
  
figure 
plot(IN2,OUT2) 
hold on 
plot(x2,y2,'r') 
xlabel('Input power (dBm)') 
ylabel('Output power (dBm)') 
title('Amplitude Sweeps Characterize the Compression Region');  
  
%--Calculating the IP3 
IP3m=zeros(1,1); 
for k=1:length(OUT2) 
    if (y2(k)-OUT2(k)>1) 
      IP3m = [OUT2(k) IP3m]; 
    end 
end 
if (IP3m(1,1)~=0) 
    IP3=min(IP3m(1,end-1)); 
     Result = sprintf(' *********************** \n  IP3dbm = %g dBm \n *********************** \n',IP3) 
%Plot IP3 
text(IN2(max(find(IP3-0.01<OUT2 & OUT2<0.01+IP3))),IP3,'\leftarrow IP3dBm',... 
             'HorizontalAlignment','left') 
% Gain 
figure;plot(IN2,OUT2-IN2); 
xlabel('Input power (dBm)') 
ylabel('Output power (dBm)') 
title('Amplifier gain');  
else 
    message = sprintf('The point of compression was not found \n')  
end        
  
end 
  
  
 D.3.   QAM Modulation 
 
% |||||||||||||||||||||||||||||||||||||||||||||||| QAM Modulation ||||||||||||||||||||||||||||||||||||||||||||||||||% 
%----------------------------- 
% Parameters 
%----------------------------- 
parametres={'M','Interpolation factor'}; 
titre='Modulation parameters'; 
lignes=1; 
intputdefault={'4','10'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
  
M=str2num(answer{1});                      % M value of the modulation 
T=str2num(answer{2});                       % symbol period 
D=1/T;                                                        % symbol rate  
Ns=1000;                                                   % number of emitted symbols  
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Npts=Ns*T;                                                % total number of samples 
rolloff=0.35;                                              % Roll-off factor of the SRRCF 
Np=5;                                                          % number of lobes of the RCF 
  
% ------------------------------ 
% Generation of data 
% ------------------------------ 
data =randint(1,Ns,M);                          % Generation of random data 
   
%------------------------------ 
%QAM Modulation 
%------------------------------ 
  
symbols=zeros(1,Npts);                                  % generation of a null signal 
emitted_symbols=data;                                   % import of the emitted symbols 
symbols(1:T:Npts)=qammod(emitted_symbols,M,0,'gray');   % genreration of the Dirac signal 
symbols=[symbols,symbols]; 
  
fRC=rcosfir(rolloff, [-Np,Np], T, '1', 'sqrt'); 
  
low_pass_signal=filter(fRC,1,symbols);       % generation of the low-pass signal 
I = real(low_pass_signal); 
Q = imag(low_pass_signal); 
  
  
D.4.   Low-pass Filter 
 
function Hd = Lowpass_FIR 
%LOWPASS_FIR Returns a discrete-time filter object. 
  
% 
% M-File generated by MATLAB(R) 7.5 and the Signal Processing Toolbox 6.8. 
% 
% Generated on: 09-Jul-2009 15:50:39 
 
% Equiripple Lowpass filter designed using the FIRPM function. 
  
% All frequency values are in MHz. 
Fs = 2000;        % Sampling Frequency 
  
Fpass = 13;                % Passband Frequency 
Fstop = 60;                    % Stopband Frequency 
Dpass = 0.057501127785;  % Passband Ripple 
Dstop = 0.0001;           % Stopband Attenuation 
dens  = 20;                   % Density Factor 
  
% Calculate the order from the parameters using FIRPMORD. 
[N, Fo, Ao, W] = firpmord([Fpass, Fstop]/(Fs/2), [1 0], [Dpass, Dstop]); 
  
% Calculate the coefficients using the FIRPM function. 
Hd  = firpm(N, Fo, Ao, W, {dens}); 
 
% [EOF] 
 
D.5.   Sweep power amplifier measurements for the AM/AM 
 
% |||||||||||||||||||||||||||||||||||||||| 1-TONE Test: Evaluating AM-AM ||||||||||||||||||||||||||||||||||||||||% 
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%% 3rd STAGE: " Swept-Power Amplifier Measurements for AM-AM measurement ". 
%========================================================================== 
% Programmer: Soukaïna Hamidi 
% University: EPSC-UPC (CMC Group) 
% Date: 06-30-09 
%========================================================================== 
% -- saving data 
IN = []; 
OUT= []; 
% -- generator 
parametres={'Frequency of the modulator','Frequency of the carrier'}; 
titre='Generator parameters'; 
lignes=1; 
intputdefault={'53.333e+06','700e+06'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
  
sampclk = str2num(answer{1});             % defines the ARB Sample Clock for playback  
F0 = str2num(answer{2});                        % Frequency of the carrier 
pause(1) 
parametres={'Attenuation'}; 
titre='Attenuation'; 
lignes=1; 
intputdefault={'20'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
attenuation = str2num(answer{1});       % defines the ARB Sample Clock for playback  
  
pause(1) 
% -- Oscilloscope 
TimeB = 2e-09; 
Vscale1 = 0.36; 
Vscale3 = 0.36; 
%%  Call functions 
  
parametres={'Number of points','2-Tones frequency band'}; 
titre='Two Tones parameters'; 
lignes=1; 
intputdefault={'64','10e+06'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
Ns = str2num(answer{1});                       % number of points  
delta_f = str2num(answer{2});               % 2-Tones frequency band 
F1 = F0-delta_f/2; 
F2  =F0+delta_f/2; 
pause(1) 
%--------- Sweeping --------- 
choice_modulation = 2; 
for k = 1:1:15 
  
if k==1 
        Pow = -1.5; 
  
elseif k==2 
        Pow = -2; 
  
elseif k==3 
        Pow = -2.25; 
  
elseif k==4 
        Pow = -2.5; 
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elseif k==5 
        Pow = -2.75; 
  
elseif k==6 
        Pow = -3; 
  
elseif k==7 
        Pow = -3.25; 
  
elseif k==8 
        Pow = -3.5; 
  
elseif k==9 
        Pow = -4; 
  
elseif k==10 
        Pow = -5; 
  
elseif k==11 
        Pow = -6; 
  
elseif k==12 
        Pow = -7; 
  
elseif k==13 
        Pow = -8; 
  
elseif k==14 
        Pow = -9; 
  
elseif k==15 
        Pow = -10;  
  
end 
  
%------ Call functions ------ 
N5182A_AM;   
AM_oscilo_capture;   
  
%% -----------------------  calculation of AM-AM -------------------------- 
RMS_IN = sqrt( sum( vi.^2)/length(vi)); 
IN0 = RMS_IN^2/50; 
RMS_OUT = sqrt( sum( vo.^2)/length(vo)); 
OUT0 = RMS_OUT^2/50; 
  
IN  = [IN IN0]; 
OUT = [OUT OUT0]; 
  
INdB = 10*log10(IN*1e+03); 
OUTdB= 10*log10(OUT*1e+03)+attenuation; 
  
end 
% --- Linear response 
A = regress(OUTdB(12:1:14)',[ones(size(INdB(12:1:14)')) INdB(12:1:14)']); 
x2 = INdB; 
y2 = A(1) + A(2)*x2; 
  
%--Calculating the IP3 
test=1;k=15; 
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while test == 1  
    if (1<=k) 
    if (y2(k)-OUTdB(k)>1)  
       INdB(k) 
       test = 0; IP3 = OUTdB(k); 
       Result = sprintf(' *********************** \n  IP3db = %g dB \n *********************** \n',IP3) 
       %% -----------------------------  Plots ----------------------------------- 
        figure 
        plot(INdB,OUTdB,'x') 
        hold on 
        plot(x2,y2,'r') 
  
        xlabel('Input power (dBm)') 
        ylabel('Output power (dBm)') 
        legend('non linear response','linear response') 
        title('Power Sweeps Characterize the Compression Region');  
        text(INdB(max(find(IP3-0.1<OUTdB & OUTdB<0.1+IP3))),IP3,'\leftarrow IP3dB',... 
             'HorizontalAlignment','left') 
  
    else 
       test = 1; k = k-1; 
    end 
    else 
    message = sprintf('The point of compression was not found \n') 
    test = 0; 
    end 
   
end 
  
  
D.6.   Synchronization function 
 
function [Rx_sync_I,Rx_sync_Q,GuanyI,GuanyQ,Delay_I,Delay_Q]=Sincronitzar(Tx_I,Tx_Q,Rx_I,Rx_Q) 
%%%%%%%%%%% Sincronisme %%%%%%%%%%%% 
L=length(Tx_I); 
%%% Component I 
    GuanyI=mean(abs(Rx_I))/mean(abs(Tx_I)); 
    Rx_N_I=Rx_I; 
    Tx_N_I=GuanyI*Tx_I; 
    COR_I=xcorr((Tx_N_I),(Rx_N_I)); 
    %figure; plot(COR_I,'g') 
    [Valor,D_I] = max(COR_I); 
    Delay_I=L-D_I; 
        if Delay_I<0  
        Rx_sync_I=[Rx_N_I(L+Delay_I+1:end) Rx_N_I(1:L+Delay_I)];     
        elseif Delay_I>=0 
        Rx_sync_I=[Rx_N_I(Delay_I+1:end) Rx_N_I(1:Delay_I)]; 
        end 
    %plot(Tx_N_I,'b'); hold on; plot(Rx_N_I,'r');plot(Rx_sync_I,'g'); 
%%% Component Q 
    GuanyQ=mean(abs(Rx_Q))/mean(abs(Tx_Q)); 
    Rx_N_Q=Rx_Q; 
    Tx_N_Q=GuanyQ*Tx_Q; 
    COR_Q=xcorr((Tx_N_Q),(Rx_N_Q)); 
    %figure; plot(COR_Q,'g') 
    [Valor,D_Q] = max(COR_Q); 
    Delay_Q=L-D_Q; 
        if Delay_Q<0  
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        Rx_sync_Q=[Rx_N_Q(L+Delay_Q+1:end) Rx_N_Q(1:L+Delay_Q)];     
        elseif Delay_Q>=0 
        Rx_sync_Q=[Rx_N_Q(Delay_Q+1:end) Rx_N_Q(1:Delay_Q)]; 
        end 
    %figure; plot(Tx_N_Q,'b'); hold on; plot(Rx_N_Q,'r');plot(Rx_sync_Q,'g'); 
end 
 
E. Measurement of the AM/PM 
E.1. Main AM/PM 
 
% |||||||||||||||||||||||||||||||||||||||||||||||  Evaluating AM/PM |||||||||||||||||||||||||||||||||||||||||||||||||||% 
  
%% 4th STAGE: "Evaluating AM/PM". 
%========================================================================== 
% Programmer: Soukaïna Hamidi 
% University: EPSC-UPC (CMC Group) 
% Date: 07-30-09 
%========================================================================== 
%% Nota bene 
% this code does not work correctly. After obtaining the data, the curve  
% obtained does not match with the expected results. 
%% ---------------------- Initializing the workspace ---------------------- 
clear all;close all;clc; 
  
message = sprintf(' This code does not work correctly.\n After obtaining the data, the curve obtained does 
not match with the expected results.') 
  
%% ---------------------------- Call functions ---------------------------- 
choice_modulation =menu('Choose a modulation please','One tone','MQAM'); 
  
if choice_modulation == 1 
        main_PM_tone; 
elseif  choice_modulation == 2 
    message = sprintf('Sorry, this command is not available') 
%         main_PM_MQAM; 
end 
 
 
E.2     Evaluating the AM/AM with the 1 tone test 
% |||||||||||||||||||||||||||||||||||||| 1-TONE Test: Evaluating AM-AM ||||||||||||||||||||||||||||||||||||||||||% 
  
%% 3rd STAGE: " Swept-Power Amplifier Measurements for AM-AM measurement ". 
%========================================================================== 
% Programmer: Soukaïna Hamidi 
% University: EPSC-UPC (CMC Group) 
% Date: 06-30-09 
%========================================================================== 
%% NOTA BENE: 
% The length of the input/output wave must be equal to 1000. The code is 
% written as to verify this condition. 
  
% -- saving data 
IN = []; 
phase= []; 
% -- generator 
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parametres={'Frequency of the modulator','Frequency of the carrier'}; 
titre='les paramètres d entree de la generation d une ligne d image'; 
lignes=1; 
intputdefault={'53.333e+06','700e+06'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
  
sampclk = str2num(answer{1});       % defines the ARB Sample Clock for playback  
F0 = str2num(answer{2});                  % Frequency of the carrier 
pause(1) 
  
% -- Oscilloscope 
TimeB = 5e-06; 
Vscale1 = 0.38; 
Vscale3 = 0.38; 
%%  Call functions 
parametres={'Number of points','2-Tones frequency band'}; 
titre='Two Tones parameters'; 
lignes=1; 
intputdefault={'64','10e+06'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
Ns = str2num(answer{1});              % number of points  
delta_f = str2num(answer{2});       % 2-Tones frequency band 
F1 = F0-delta_f/2; 
F2  =F0+delta_f/2; 
pause(1) 
  
%--------- Sweeping --------- 
for k = 1:1:15 
  
if k==1 
        Pow = -1; 
  
elseif k==2 
        Pow = -1.5; 
  
elseif k==3 
        Pow = -1.75; 
  
elseif k==4 
        Pow = -1.85; 
  
elseif k==5 
        Pow = -2; 
  
elseif k==6 
        Pow = -2.25; 
  
elseif k==7 
        Pow = -2.5; 
  
elseif k==8 
        Pow = -3; 
  
elseif k==9 
        Pow = -4; 
  
elseif k==10 
        Pow = -5; 
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elseif k==11 
        Pow = -6; 
  
elseif k==12 
        Pow = -7; 
  
elseif k==13 
        Pow = -8; 
  
elseif k==14 
        Pow = -9; 
  
elseif k==15 
        Pow = -10;  
  
end 
  
%------ Call functions ------ 
N5182A_PM;   
PM_oscilo_capture;   
  
%% -----------------------  calculation of AM-PM -------------------------- 
  
Fs = 2e+9;                                                      % sampling frequency (FS=2GHz) 
L = length(vo); 
NFFT = 2^nextpow2(L);                           % Next power of 2 from length of y 
f = [-NFFT/2:NFFT/2-1]*Fs/NFFT; 
  
% Input: 
Xi = fft(vi,NFFT);            % NFFT pt FFT 
phasei = fftshift((angle(Xi)));                  % Phase 
  
% Output: 
Xo = fft(vo,NFFT);             % NFFT pt FFT 
phaseo = fftshift((angle(Xo)));                % Phase 
  
a = fftshift(abs(Xo)); 
figure 
plot(f,a) 
xlabel('frequency, Hz') 
ylabel('amplitude dBm') 
title('Amplitude Spectrum of the FFT of RF output (dBm)');  
  
  
% Phase at 700MHz 
[max_fft,index]=max(a(NFFT/2+1:end)); 
inDEX=index+NFFT/2; 
f(inDEX) 
pi=phasei(inDEX); 
po=phaseo(inDEX); 
phase0=po-pi; 
  
RMS_IN = sqrt( sum( vi.^2)/length(vi)); 
IN0 = RMS_IN^2/50; 
IN  = [IN IN0]; 
  
phase = [phase phase0]; 
  
end 
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%% -------------------------------- Plots ---------------------------------  
% Input/output Phase 
figure 
plot(f,phasei); 
hold on; 
plot(f,phaseo,'r'); 
xlabel('frequency, Hz') 
ylabel('phase (rad)') 
legend('Input phase','Output phase') 
% 
  
INdB = 10*log10(IN*1e+03); 
figure 
plot(INdB,phase) 
title('AM/PM curve') 
xlabel('Input power (dBm)') 
ylabel('Output Phase (radian)') 
 
F. Measurement of the EVM 
F.1. Main EVM 
 
% ||||||||||||||||||||||||||||||||||||||||||||||||||| Evaluating EVM ||||||||||||||||||||||||||||||||||||||||||||||||||||% 
  
%% 5th STAGE: "Evaluating EVM". 
%========================================================================== 
% Programmer: Soukaïna Hamidi 
% University: EPSC-UPC (CMC Group) 
% Date: 07-26-09 
%========================================================================== 
%% ---------------------- Initializing the workspace ---------------------- 
clear all;close all;clc; 
  
%% Call function: Frequency shift 
% Frequency shift 
shift=0; 
  
freq_shift =menu('Do you want to find to the generator frequency shift','Yes','No'); 
  
if freq_shift == 1 
     main_shift; 
end 
%% ------------------------------ Parameters ------------------------------ 
% -- generator 
parametres={'Power','Frequency of the modulator','Frequency of the carrier'}; 
titre='Generator parameters'; 
lignes=1; 
intputdefault={'-12','48e+06','700e+06'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
Pow = str2num(answer{1});           % set the power 
sampclk = str2num(answer{2});       % defines the ARB Sample Clock for playback 
F0 = str2num(answer{3});            % Frequency of the carrier 
pause(1) 
  
% -- Oscilloscope 
TimeB = 5e-6; 
Fs = 2e9;                          % sampling frequency (FS=2GHz) 
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Vscale3 = 0.3+0.012*Pow; 
  
%% ---------------------------- Call functions ---------------------------- 
[emmited_symbols,I,Q,l,M,Ns] = OFDM_mod(); 
pause(1) 
N5182A_OFDM; 
EVM_oscilo_capture; 
% Demodulation 
carrier_signal=exp(-j*2*pi*(shift+F0)/Fs*[0:length(vo)-1]);% carrier signal 
I1=vo.*real(carrier_signal).';                         % from a band-pass signal to a low-pass signal 
Q1=vo.*imag(carrier_signal).';                         % from a band-pass signal to a low-pass signal 
  
% Filtering 
ht = Lowpass_FIR; 
I2=filter(ht,1,I1);      
Q2=filter(ht,1,Q1); 
I2=I2-mean(I2); 
Q2=Q2-mean(Q2); 
IQ2=I2+j*Q2; 
%---------- FFT ----------- 
% the effect of the Low Pass Filter 
figure 
L = length(Q1); 
NFFT = 2^nextpow2(L); % Next power of 2 from length of y 
X = fft(Q1,NFFT); % NFFT pt FFT 
a = fftshift(20*log10(abs(X))); 
b = [-NFFT/2:NFFT/2-1]*Fs/NFFT; 
plot(b,a) 
hold on 
  
L = length(Q2); 
NFFT = 2^nextpow2(L); % Next power of 2 from length of y 
X = fft(Q2,NFFT); % NFFT pt FFT 
a = fftshift(20*log10(abs(X))); 
b = [-NFFT/2:NFFT/2-1]*Fs/NFFT; 
plot(b,a,'r') 
xlabel('frequency, Hz')  
ylabel('amplitude dBm') 
title('Amplitude Spectrum of the FFT(dBm)');  
legend('Signal I1 after demodulation','Signal I2 after filtrating','Location','SE'); 
 hold off 
  
% Resampling the input 
Ia=resample(I,2000,48); 
Qa=resample(Q,2000,48); 
Ic=resample(Ia,48,2000,0); 
Qc=resample(Qa,48,2000,0); 
  
IQc = Ic + j*Qc; 
  
% Demodulation OFDM 
[symb_PS] = OFDM_demod(IQc,l,M); 
  
  
corr_ph = -1; 
var_ph = 0; 
  
for phase=0:1:15 
IQ3 = IQ2.*exp(j*phase*pi/8); 
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I3 = real(IQ3).'; 
Q3 = imag(IQ3).'; 
  
[I4,Q4,GuanyI,GuanyQ,Delay_I,Delay_Q]=Sincronitzar(Ia,Qa,I3,Q3); 
%  
% figure; plot(Qa); 
% Gain=mean(abs(Qa))/mean(abs(Q4)); 
% hold on;plot(Q4*Gain,'r'); 
  
% ***** Correlation test ***** 
corr_I = max(xcorr(Ia,I4)); 
corr_Q = max(xcorr(Qa,Q4)); 
corr = (corr_I+corr_Q)/2; 
  
if (corr > corr_ph) 
    corr_ph = corr; 
    var_ph = phase; 
    I4ref = I4; 
    Iaref = Ia; 
    Q4ref = Q4; 
    Qaref = Qa; 
else 
    corr_ph = corr_ph; 
    var_ph = var_ph; 
end 
end 
  
figure; plot(Iaref); 
Gain=mean(abs(Iaref))/mean(abs(I4ref)); 
hold on;plot(I4ref*Gain,'r'); 
xlabel('points') 
ylabel('amplitude') 
title('Signal I after synchronisation');  
legend('Signal emmited','Signal received'); 
  
  
%% 
%resampling Output 
I5=resample(I4ref,48,2000,0); 
Q5=resample(Q4ref,48,2000,0); 
IQ5 = I5 + j*Q5; 
% Demodulation OFDM 
[received_symbols] = OFDM_demod(IQ5,l); 
  
figure; 
plot(symb_PS(1:10:end),'x'); 
hold on; 
plot(received_symbols(1:10:end), 'xr'); 
%symb_PS2(1:16:end) 
  
%--------------------------------------------- 
% EVM 
%--------------------------------------------- 
Iemmited = real(symb_PS(1:10:end)); 
Qemmited = imag(symb_PS(1:10:end)); 
Ireceived0 = real(received_symbols(1:10:end)); 
Ireceived = Ireceived0*mean(abs(Iemmited))/mean(abs(Ireceived0)); 
Qreceived0 = imag(received_symbols(1:10:end)); 
Qreceived = Qreceived0*mean(abs(Qemmited))/mean(abs(Qreceived0)); 
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dI = Ireceived-Iemmited; 
dQ = Qreceived-Qemmited; 
  
EVM = mean(sqrt((dI.^2+dQ.^2)./(Iemmited.^2+Qemmited.^2))) 
   
%% 
%--------------------------------------------- 
% LMS Equalizer 
%--------------------------------------------- 
out_samp_2 = [received_symbols(1:10:end) received_symbols(1:10:end) received_symbols(1:10:end) 
received_symbols(1:10:end)]; 
symb_2=[emmited_symbols emmited_symbols emmited_symbols emmited_symbols]; 
LMS_Equalizer; 
  
figure 
plot(received_symbols(1:10:end), 'xr'); 
hold on 
plot(out_LMS,'xg'); 
hold on 
plot(symb_2, 'o'); 
legend('before equalization','after equalisation','Input symbols') 
title('Input and Output symbols') 
grid on 
 
%--------------------------------------------- 
% EVM 
%--------------------------------------------- 
  
Iemmited = real(symb_2(1:end-10)); 
Qemmited = imag(symb_2(1:end-10)); 
Ireceived0 = real(out_LMS); 
Ireceived = Ireceived0*mean(abs(Iemmited))/mean(abs(Ireceived0)); 
Qreceived0 = imag(out_LMS); 
Qreceived = Qreceived0*mean(abs(Qemmited))/mean(abs(Qreceived0)); 
dI = Ireceived-Iemmited; 
dQ = Qreceived-Qemmited; 
  
EVM = mean(sqrt((dI.^2+dQ.^2)./(Iemmited.^2+Qemmited.^2))) 
  
E.2.   LMS Equalizer 
 
%--------------------------------------------- 
% LMS Equalizer 
%--------------------------------------------- 
  
Ns=240*4; 
nb_LMS=10;                                                 % Nombre de coefficient du filtre de l'egalisateur 
mu = 0.001;                                                  % Le pas d'adaptation 
  
f=zeros(nb_LMS,1);                                   % initialisation du filtre de l'egaliseur LMS 
L=Ns-nb_LMS;                                             % enlever les nb_LMS premiers points pour eviter les participations 
negatives ou 0 
srecu=zeros(nb_LMS,L);                          % valeur à la sortie de l'echantilloneur (la colonne n est constituée 
par les  
e=zeros(1,L);                                               % sauver l'erreur entre les symboles émis et estimés 
out_LMS = zeros(1,L);                              % nb_LMS premières valeurs de out_samp 
  
for i= nb_LMS+1 : L 
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    srecu(:,i) = out_samp_2(i:-1:i-nb_LMS+1); 
    e(i) = f.'*srecu(:,i)- symb_2(i);            %l'erreur instantanée 
    f = f - mu*e(i)*conj(srecu(:,i)); 
end 
  
out_LMS= f.' * srecu;                                  % symbols estimés a la sortie de LMS 
figure; plot(abs(e)) 
title('Convergence de l erreur e') 
 
E.3.   OFDM Modulation 
 
function [A,R,S,l,Modu,Nsample] = OFDM_mod(); 
  
%% Nota Bene: 
% The values below are chosen in such a way that it corresponds to the  
% number of samples recovered 
%--------------------------------------------- 
% Parameters 
%--------------------------------------------- 
parametres={'M'}; 
titre='Modulation parameters'; 
lignes=1; 
intputdefault={'4'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
  
M = str2num(answer{1});; 
N=16;                                     
D=1/10;                                                        % symbol rate 
Ts=1/D;                                                         % symbol period 
Ns=15*N;                                                      % number of emitted symbols 
Te=1;                                                              % sampling period 
nech_symb=Ts;                                           % number of samples per symbol 
offset = 0;                                                      % offset for eye diagram 
Npts=Ns*Ts;                                                 % total number of samples 
  
%--------------------------------------------- 
% Generation of data 
%--------------------------------------------- 
data =randint(1,Ns,M);                             % Generation of random data 
  
%--------------------------------------------- 
%QAM Modulation 
%---------------------------------------------  
symbols=zeros(1,Npts);                            % generation of a null signal 
emmited_symbols=qammod(data,M,0,'gray');   % genreration of the Dirac signal 
symbols(1:Ts:Npts) = emmited_symbols; 
  
%--------------------------------------------- 
% parallel symbols 
%--------------------------------------------- 
symb_SP=reshape(symbols,N,length(symbols)/N); 
  
%--------------------------------------------- 
% IFFT 
%--------------------------------------------- 
symb_ifft=ifft(symb_SP); 
  
%--------------------------------------------- 
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% serie symbols 
%--------------------------------------------- 
symb_PS=reshape(symb_ifft,1,N*length(symbols)/N); 
  
I = real(symb_PS); 
Q = imag(symb_PS); 
  
A=emmited_symbols; 
R=I; 
S=Q; 
l=length(symbols); 
Modu=M; 
Nsample=Ns; 
end 
  
E.4.   OFDM Demodulation 
 
function [A,Ir,Qr] = OFDM_demod(out_channel,l,M); 
  
%--------------------------------------------- 
% Parameters 
%--------------------------------------------- 
N=16;                                    % Nfft>4 car Tmp>(Tofdm/4) 
D=1/10;                                     % symbol rate 
Ts=1/D;                                     % symbol period 
Ns=15*N;                                   % number of emitted symbols 
Te=1;                                       % sampling period 
nech_symb=Ts;                               % number of samples per symbol 
offset = 0;                                 % offset for eye diagram 
Npts=Ns*Ts;                                 % total number of samples 
%--------------------------------------------- 
% parallel symbols 2 
%--------------------------------------------- 
symb_SP2=reshape(out_channel,N,length(out_channel)/N); 
  
%--------------------------------------------- 
% FFT  
%--------------------------------------------- 
symb_fft2=fft(symb_SP2); 
  
%--------------------------------------------- 
% serie symbols 2 
%--------------------------------------------- 
symb_PS2=reshape(symb_fft2,1,N*length(out_channel)/N); 
  
A=symb_PS2; 
  
end 
 
 
G. Frequency shift 
% ||||||||||||||||||||||||||||||||||||||||||||  Evaluating the frequency shift ||||||||||||||||||||||||||||||||||||||||% 
%% "Evaluating the frequency shift". 
%========================================================================== 
% Programmer: Soukaïna Hamidi 
% University: EPSC-UPC (CMC Group) 
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% Date: 07-28-09 
%========================================================================== 
%% ---------------------- Initializing the workspace ---------------------- 
% clear all;close all;clc; 
  
%% ------------------------------- Parameters -------------------------------- 
% -- generator 
parametres={'Power','Frequency of the modulator','Frequency of the carrier'}; 
titre='les paramètres d entree de la generation d une ligne d image'; 
lignes=1; 
intputdefault={'-12','53.333e+06','700e+06'}; 
answer=inputdlg(parametres,titre,lignes,intputdefault); 
  
Pow = str2num(answer{1}); 
sampclk = str2num(answer{2});       % defines the ARB Sample Clock for playback  
F0 = str2num(answer{3});            % Frequency of the carrier 
pause(1) 
  
% -- Oscilloscope 
TimeB =2; 
  
%% ------------------------------  Call functions -------------------------------- 
Vscale3 = 0.3+0.03*Pow; 
delta_f=10e+06; 
gene;   
capture;   
  
%% -------------------------------------- Plot  ------------------------------------ 
figure 
Fs = 200e3/4;                          % sampling frequency (FS=2GHz) 
L = length(vo); 
NFFT = 2^nextpow2(L); % Next power of 2 from length of y 
X = fft(vo,NFFT); % NFFT pt FFT 
a = fftshift(abs(X)); 
b = [-NFFT/2:NFFT/2-1]*Fs/NFFT; 
plot(b,a) 
drift=b(max(find(a==max(a)))); 
Result = sprintf(' *********************** \n  frequency shift = %g Hz \n *********************** \n',drift) 
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